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VoIP Project Brief Preparation
2.1 Voice quality

User Require: Same or better quality of voice than existing.
Source:

Keynote Systems, which has specialized in Web-performance testing since 1996, tested the quality and reliability of VoIP and public network calls. The tested result [1] shows below.
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Still, VoIP calls have a long way to go before they can match the quality and reliability of conventional phone calls made over the U.S. public-switched telephone network, which for more than a century has set the standard for voice calls.

Those are the conclusions reached by a first-of-its-kind study by Keynote Systems Inc., which analyzed the quality and reliability of more than 154,000 VoIP calls and 9,000 public-network calls placed between May 21 and June 25. Keynote tested six VoIP service providers and seven network carriers, including residential cable modem and DSL providers, as well as business-class T1 carriers.

"VoIP performance across most providers is nowhere close to the dial-tone reliability and clarity of communications that consumers have become used to over the years," says Dharmesh Thakker, Keynote's senior project manager. 

Among the highlights: Keynote was able to complete VoIP calls 96.9% of the time, compared with 99.9% for calls made over the public network. Voice quality for VoIP calls on average was rated at 3.5 out of 5, compared with 3.9 for public-network calls and 3.6 for cellular phone calls. And the amount of delay the audio signals experienced was 295 milliseconds for VoIP calls, compared with 139 milliseconds for public-network calls. A delay of 300 milliseconds can produce poor voice quality, according to Keynote.

Keynote tested VoIP and public-network calls between New York and San Francisco using services from AT&T, Lingo, Packet8, Skype, Verizon, and Vonage. It tested those services over various carrier networks, including cable-TV providers Comcast and Time Warner Cable, local phone companies SBC Communications and Verizon Communications, and long-distance companies AT&T, Sprint, and UUnet. It picked those companies because they're among the leading providers and carriers in each city.

(For more information please go to http://informationweek.com/story/showArticle.jhtml?articleID=165700814)
Some design can improve the voice quality. For example [2],

· Efficient codecs designed to make the best use of available bandwidth to make sure good voice quality.

· QoS Assurance: QoS (Quality of Service) Assurance reserves part of the internet bandwidth for voice calls whilst a voice call is active (the reserved bandwidth is available for regular use if there is no Voice call active). This means that, regardless of what else other people are doing on the network, the user will always have the necessary inbound and outbound bandwidth reserved exclusively for Voice.

Answer: 

Generally cannot achieve the requirement unless pay extra amount of money.

2.2 Availability

User Require: Always available 24 * 365

Source1:
Wenyu Jiang and Henning Schulzrinne, Department of Computer Science, Columbia University, tested the availability of VoIP and public network calls. The tested result [3] shows below:
VoIP has a 98% (about 7.3 days unavailable per year) net availability, which is still some steps away from what the PSTN offers today (three to four 9’s), but already comparable to the availability of mobile telephone networks (around 97% to 99%).

Definitions

Broadly defined, availability is the proportion of time that a service is available for use. Reliability, by comparison, measures how long a service can stay up before it is disrupted. Therefore, reliability is measured in terms of Mean Time Between Failures (MTBF) and Mean Time To Restore (MTTR). We can then define availability as follows:

Availability = MTBF / (MTBF +MTTR)
(1)
In the context of telephony, availability is the probability that a call can be established successfully on first attempt, excluding user factors like callee busy or no pick-up. Therefore, we may use the following alternative definition:

Availability = # of successful calls / # of first call attempts
(2)

Although Eq. 2 appears different from Eq. 1, the two definitions are effectively the same over the long run. This is because in Eq. 2, we are in essence sampling the service for its “up” and “down” status.

Among the telecommunications equipment vendors, the five 9’s (99.999%) availability has been advertised for decades. Five 9’s implies a total downtime of only 5 minutes and 15 seconds per year. A laudable goal it is, but is it easily achievable? In contrast to what many people may think, the five 9’s really means the availability of the local switching equipment, such as a Private Branch eXchange (PBX) or local central office (CO) switch. Across an entire telephone network, such as a U.S. domestic telephone network, it is difficult to achieve anywhere near five 9’s, because there are many network elements that may break and result in call failure. Assuming the components in a call chain are independent in terms of availability, we can define the end-to-end (handsetto-handset) availability as follows:
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where Ah1 and Ah2 are availability figures of the caller and callee telephone handsets, respectively. For regular (analog) telephones, their values generally should be 1, but for IP phones, the values would depend primarily on the stability of its software, which is a software engineering problem and beyond the scope of this paper. Alocal1 and Alocal2 are availability figures of caller’s and callee’s local PBX or CO switch, and this is where the five 9’s should be expected. In the case of VoIP, this component corresponds to a dedicated call server such as a SIP proxy server, and it may be implemented in hardware in the form of an IP PBX. Because VoIP is protocol and software intensive, the reliability of this component would again depend mostly on its code stability and therefore not the focus of this paper. Finally, Anetwork is the availability of the network, whether it is the PSTN or an IP network such as the Internet. The evaluation of this component on the Internet is the central objective of this study.

(For more information, please go to http://moat.nlanr.net/PAM2003/PAM2003papers/3897.pdf)

Source2:

If designed properly, IP telephony technology can provide users with higher availability than traditional, circuit-switched telephone networks, according to one industry analyst [8]. 

Speaking at the Burton Group Catalyst Conference Thursday, Eric Siegel, a senior analyst with the Midvale, Utah-based firm, said that IP network architecture is appropriate for high availability voice applications. 
Answer:

According to Wenyu Jiang and Henning Schulzrinne’s research, VoIP has a 98% (about 7.3 days unavailable per year) net availability.

From the source1 and source2, the requirement can be reasonably achieved. 
2.3 Compatibility

User Require: Fully compatible with the outside world.
Source:
Some VoIP product compatibility features show below. (Example comes from Vigor2600V / Vigor2600VG ADSL Router with Voice-over-IP [2])
· VoIP enables you to use your existing broadband capacity to carry regular voice calls to suitably equipped remote sites, for example another VoIP router. The VoIP router also has enhanced VPN capacity and Internet content filtering. 
· Some are also available with an ISDN interface and a built-in wireless access point              

· Combination ADSL Modem, router, firewall, print-server and Voice-over-IP device.
· Compatible with all UK ADSL lines and all ISPs.
· Capability via built-in USB port. Compatible with most standard printers with a USB port and any Windows 98SE, 2000 or XP client PC. 
· Compatible with other leading 3rd party vendor VPN devices 
· Compatible with any client device complying with the 802.11g Protocol.
· Compatible with various proxy-servers, which allows users to register with SIP service providers.
· Interoperable with many soft phones such as PingTel, MSN, Ubiquity, Cisco IP Phone. The user can also make and receive calls from any other SIP compliant VOIP devices.
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Answer:

VoIP has compatibility with outside world.

2.4 Scalability

User Require: Scalable for 10 years timeframe to meet company growth

Source1:

Deb Shinder [7] wrote: 

Small businesses may be tempted by VoIP plans marketed for consumers. If your business has only a handful of employees, a couple of consumer-grade VoIP lines may be all you need. How do you distribute the VoIP lines to several extensions throughout your building? There are a couple of ways. The easiest is to use a multi-line multi-handset cordless phone system. Many vendors make these; I use an AT&T that supports eight handsets. Each employee gets a handset and two phone lines (which can be two landlines, a landline and a VoIP line or two VoIP lines) are plugged into the base station.

The second way is to disconnect your landline and use the phone wiring in your building. This will allow you to connect one VoIP line to the existing phone jacks; your regular analog phones can be plugged into the jacks to use the VoIP line.

The problem with the low cost consumer solutions is that they don't scale well as the business grows. The consumer-oriented VoIP companies mentioned above offer "business" plans but these are still geared toward very small businesses; in most cases they merely add a fax line to the features of the residential plan. Once you have more than a handful of employees, it’s time to start looking at commercial VoIP providers. (VoIP quality and reliability are dependent on your data link. If you run your VoIP line(s) over a consumer broadband connection that experiences periodic outages, you’ll be without phone service during those times the Internet connection is down, and call quality may suffer when data performance degrades. A solution that scales to meet the needs of growing businesses will run over a dedicated line with guaranteed uptime/transfer rates.)

The good news is that you can start with consumer-level service with very little investment; you usually don’t have to sign a long-term contract or buy expensive equipment, so when it’s time to upgrade, you haven’t "wasted" a lot of money on your initial venture into VoIP.

Commercial services will also provide multiple VoIP lines that can be centrally managed. Many take a modular approach that let you increase the number of lines as your business grows.

For medium and large businesses, commercial VoIP services design their equipment to integrate with your existing PBX infrastructure. The switch to VoIP can be almost transparent to the users, and you won’t have to spend time and money retraining them to use new equipment.


Source2:

Some VoIP product scalability features show below. (Example comes from Quintum Tenor GateKeeper [9]) 

The base Tenor GateKeeper supports 100 simultaneous calls and is software upgradeable up to 800 calls. 
Answer:

VoIP can have scalability feature. But the capacity of the scalability cannot be unlimited. If the scalability is suitable for the company 10 years grows it also depends on the company scalability speed. 
For small to medium size company, the good news is that the user usually doesn’t have to sign a long-term contract or buy expensive equipment, so when it’s time to upgrade, the user has not "wasted" a lot of money on the initial venture into VoIP.

Commercial services will also provide multiple VoIP lines that can be centrally managed. Many take a modular approach that let you increase the number of lines as your business grows.

For medium and large businesses, commercial VoIP services design their equipment to integrate with your existing PBX infrastructure. The switch to VoIP can be almost transparent to the users, and you won’t have to spend time and money retraining them to use new equipment.
2.5 Control and voice service
User Require: More control of voice traffic and a wider range of voice services

Source:
QoS can ptimize voice quality in VoIP Networks [10] (Mentioned in previous Qos paper). 

Some VoIP voice services show. (Examples come from Vonage [11], which is one of the largest VoIP services providers and Vigor2600V [2].)

. 
· Unlimited in-network calling: No charge to thousands of other Vonage customers across the global.

· Voicemail: Check voicemail in 3 ways, phone, online or email.

· caller ID: See your caller’s name and number before you answer it.

· call waiting: Get noticed when you are on a call and you receive another. 
· three-way calling: call two locations at once.
· call forwarding: can forward calls to your mobile.
· Call return: return you last in coming call. 
· repeat dialing 

· online account management.
· Video conferencing 
· Quick Dialling[2]: Rather than having to type (dial) a whole IP address each time, the user can use a short code (of your choice) in place of a long IP address, as well as enabling you to store SIP registrary names or dynamic DNS names. 
[image: image5.png]L e ozvaly |wayteic.y fiion
2 (101 Fichard [194.153.121.41 |
3 02 [Brighton [212.30.131.41 v
4 104 850999 | draytel.org | R
5 108 Luton B T
= Toe anngon [aravtsl aro v




Answer:

VoIP can provide many good services with no charge.
2.6 Operation

User Require: Ease to operate, maintain and update.
Source1:

Many VoIP products have ease-of-use web machine management [12]. The network administrator can configure and manage via standard web browser anywhere around the world.

Source2 [13]:

VoIP will save on support costs when compared to PBX. VoIP technology eliminates costly and complex PBX hardware since VoIP uses simpler Ethernet cabling.
VoIP installation and maintenance can be simple since Ethernet wiring already exists inside offices with computers.

Answer:

VoIP can be easy to operate, maintain and update.

2.7 Integration

User Require: Fully integrate with data network and video conferencing facilities

Source

[13] It eats up bandwidth at a dangerous. "I have some fears about affecting our Oracle users," he said. "If we put something on that same network like voice, and it slows it down, I'm not going to be very happy and neither will our users."

Example of web conferencing software shows below.
One web conferencing software supplier e/pop [14] says that their product is easy to install and maintain. The software offers a comprehensive feature-set, easy 5-minute installation, and requires no pre-requisites completely minimizing admin time. 
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Answer:
VoIP can fully integrate with data network and video conferencing facilities. But there are some concerns about VoIP since VoIP consumes bandwidth, lead to slow down the network.

2.8 Changeability

User Require: Minimal hardware and software addition or change for VOIP

Answer:

Since Ethernet wiring already exists inside offices with computers, VoIP installation and maintenance can be simple. So no much hardware and software change for VoIP.
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